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(57) [gift] 

iZ?$)l*-7 : <*m^D 1 0 * : 3 s »SW"rS. £/c, 
l/rSrfcfc*^X class ' &£j£U trfcft^Xclas 
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'on 



vr* 



13 



D13 
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L W5 is 



j*o0UT 
Dlfi 



R 1 **^s&b<d»j* 



>l*- f 4 tm^^Mtkfi-? Z C tic J; «3 ±12^ 

So 

±ia^ s n/c ? 7 * testis L/ tc^mmokviMz? 4 
xtm^mMntz c tic «t «j ±12^ 

zct *#m<b tsf-f^f ivmmissm, 
?w trnmrn^-vmici. tixi>*>c 

a. 

wair^^-^ %> z )\,*-74 ^mmph^m^ 4 v> z 
*m j %*£.i$&z&m7 : 4 i>*tto*-?4 =Hf^£>&* 

±S2?4V*>l>*-~?4*m^±±££!m? : 4isZJ\<* 
-7 t 4*mnt±.f£&& : ?4 V>3> fo*-? 4 :t{f-5fCDi£ 

mmt?z>?4 yfw-f^ *mmi>hmier 4 v>* 

4 *flW€£&3 4Z>Z>V*-7 : A 

±t b^t 1 4 v % )i * - 7 s 4 *m^o t> 7 x zftmr £ 
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2 

±12 fv i?* *{f-5f t±i2£ts6:r-f 

-*w *«#£iJE*fetH* -< i? ?* -f tfft-if ©fit 

zxt- -j ?t c t*<mkt ~rz>¥m-fi 

m. 

10 tC. ±3Z74isZ)l*~r4*m^<DMffif$,ft<Dm<Di> 

v 4 *ah»** wan»-r c i «: i 0 ±t2 7 s 

20 t*mk£r&m*mitc^<D74vz)\,m^wm 

immg9i ?4 : *%i\>*- i f4*m^*; i 9mtz, j f 4 
i>z>immmjj&tc*A>x. 

k, ±&?4is*)\>*-?4*m^<r>wm&ft<>>m.o>i> 

bxmct£?vx*$m-§rz>x7-v7t. 
immtctz * zimmutc^mmk*m^x±.m-? 4 

30 4is2K>*--7' 4*mn*: 1 g1&hXts;hmicti:*r a V>$ 

m^t?zy : 4i>^?)\>m^i)mt)m. 
imimi 0] ±iz^>®Mmx^#>m&fr&7 : 4 
)i*-?4 tmmcm^x^micx DMsnTi>5 
c t t -rztmm 9 lamcor 4*sz ^m^mm 

[ffsjoBi 1] 7 : 4V%)i*-?4*fmzm$i?z? 

htii>^mmmi&m-r^mmmias^x. 
40 mw.f?z>?A y^ju^-f^-f *mm»h?km.7 : 4*j>2 

Si. 

so ~? 4 xm^ttM^fe? 4 v> H*m^<»w. 
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fsmtt^A * *mmr>hmi7 : 4 i>$ 

>\>*-?4*\^*'£itz&tc>m.T : 4i;z>\>*~-?4 

±3^fe?4vz>\>*-?4*m^<j>m3smft 

±&?4 4 *fmt±m&m?4 ***** 
4 *mnt±ms&& 4 *?* a,*— ? 4 *m n<om. 

IMiftMZ Hit ^ 7 * imVfcldfMMBt&kSVf 4 

>> ? 4 *mm&9a&iir& c t tc «t o ±mr 
4 4 j-mnzm&u-OiZffitcter^ i>$> 

n>*—?4*mtt£j&&&x?? -fttttrfv 

east?.* y^u*-^ s -tt^tt^ -f 

±&tm7 : 4vt')i>*-7 : 4*mn*7Xftm-rz?.7- 
±12^ ^w-f^ t Jhi2*ei^ 4 v *)\,* 

SrJPttlT S^f5--/i *#tf y P i/v A£^MSSg{cig 
ft S ^nV^ At&&*|$<*. 

5] ^ ^£>i/tf-7w tfft^©^''5:* ; &7^' 
±i2fr/c^ * v^Kfovtc^mmLzm^xM?.? 4 
i?tt)\,*~?4 xm^z^imn? s c <t k j; 0 ±12^ 

j**? 4 v zjimmmmnicmftz-ez 
v>z>\>*-7 : 4*mn*<&&?z>x?*y7t> 
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4 

±!2£fi67= -f V * * * - 7 s 4 *m^<D «X 6 

t&ic, ±12*^ 4 vf**—? 4 *mn<m.m&tt 

±M?4V>%)\,*~?4*m^t}iU&fe ; r4 , JZ)l'* 
-T4 *mn± ISASte? r^fW-f-* *ff #<Dit 
MfrOfil £ &Cg-3t,>-C±f2£rfc& {CMtC-r 

10 [&i91©ifcffl&tft9n 
[000 1 ] 

IftifHb, U-hP>^<-^X«PCM(Pulse Code 
Modulation) ffl^g^C*jC^Tf t ^ i^JUff^f te*tl/ 

[0002] 

20 [mto&wi se*. -7 s vz)i*-7 t 4*mn*7 : 4 

■ysem&ft o-ci^-s 0 ctKcj:^, ^^y^^/T^n 
«ry-p^ • t>?- • i-r yrx - 7 4)i$<D&.tmn 

[0003] *>*>-5^w<-y->^y>^at?w. a 
>^ y > if u- h *j^t>^, /c k> z mtm Ltcm&m 

[0004] 

y y > ^a^©^ ^ ^ ^ - r 4 tana. m&- 
-xmrntz <fc o-c^Kli^cc^br^-f s^fscc^t 
-3. r t> fe©©> ^ -J*? >-f y > yym&.o)? 

ras^fcx-^w^.-rufeA/D^HuorT-P^- 

7 s -/ ^^©^(C»-^^T^fiS$ tltcOX »)& ti/c 

[0005]^ -y-^^y^yjgijft^s^-ST^-Y 5? 
nci.-oxmm^tif-^iimbtpft *> c i^r^-r. 

50 ^^^W^tt^^i-r^Ct^fflgt-C^o/c 3 6 
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[0006] *mm&Lk<r>g>zmmL-crj:2titct>(D 

[0007] 

7^>M^£^TTSJ:5lci,7*tt<h«:J:i, > -©£7* 

[0008] * fc. *>*6^n*»9t-r5 fc**^{c 
si^tc, 7 s y ^^^-t 5 ^ *fB^©fifiEj&j}©ffi© 

JC&U /c^&Srtf 5 C £ #"C £ 
[0009] 

[?PJl©Syfe©JF>£n WTHMiCO^r. *&W<D-m 

[0010] s Hcfct^^-^-r ^m^a^ai 0 

7^ *7*-#£ifg|SN- JEfiKcifit^-^-f 

- # £ * 5 xftmmmmmit £ -> -aamr z * >> «t& 3 

©-C&-S. 

[001 1 ] ^fctois. *--r -< ^fi^&a^g 1 0 k 
*$<,>r, b-^^ttjgpi 1 WA^^-T.xd^m^sn 

/t^2X(*H3 (CtS^A^J^"— ^-f ^*7 r — 1 0©f 
[00 1 2 ] -r*t>feb-^^tBg[ll ltt. 

wrs. -tt/rbr^tttii&i itibs,?-aJW£*§i%© 
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SP1 ltt*U>hfyfPi T2tc>Pfly-C^©irf*K:B? 
*T&tt«Cfrfc:» *P I T 1 RE«£5e ^PIT3 
*^ttiT-5„ B^ic. b-??£ti]ffii l#t£ttnr£BSb 
I T lRZT&ZK'-yT-P I T3iMfl/i*U> 
he»fP I T2(CPS^€»i«l!R6-r> *l/>hf7 

[0013] t» ^*£BSB 1 ltt*l/>ht?^PIT 
2£*fj£TSflJb"'? 7-P I T lSC^5f"^P I T3 

10 ^tn-r^t. cti6^oai-rfcjs?)©^jotUL/$ijisiM 

fCONTl l^^^^SSBfflttigUl 2^0-01^ 

^s>j«»gp«imgB 1 3 ic&te? s. 
[0014] pj^^^^sspamgui 2«^otHi/*fi 

fflli-^CONTl ltCtt-^OT. BfTb^^P I T 1 CC*T 
fc?Z>i>=77>*v -7CL 1 . *l/>hb'-^PIT2«: 

*us-ra * 5* * 7 l 2 se>*«6 * » :/p 1 t 3 k. 

20 [0015] * vXftim 141*. ^ 7^^S0iW 1 

2K:*suTWf>i±i3ft)t^5;*£ »^"k-h>t. Sb'7 

(mfb^^P I T 1 . *U>bt>fPl T2&tf& 

A DRC (Adaptive Dynamic Range Coding) 0 

[0016] ADRCBRaK**9:%* 9 :/?*-$D i 

£. C©ADRC@S8SM:t. iafcWS^ft*^ *>©T 
CCrt*. m^U^A<©S§rlftfc^£->£*§l> 
ig«-CS(|$«(C^-rsC<!:*it?da©-C. (S^Air- 

[0 0 1 7 ] *:«:WCCW, jr-T" 4*Wm±.<DQ-o<D% 

tzms. 2" ti>*>&Arj:m<Di> ? xicftmu mi in 

i*rj:e>T. 0!8±©«Ji^<feS. ^-C-C, C©HJ6 
©^S© f 5 X^fflSP 1 4 ©rtSCK^: W 6 ft/c A 

xt> ; 7Xftmw : i , >» m«6-o©*7x**:7-{c*ti, 
ri b^ h©a^L«-nt7-r-5i. e^^^^ 

[00 18] CC-C. ADRC[5]?gSP». mVBiZtltc 
[0019] 

so m 1 ] 
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Q~ {(L-MIN+ 0.5) X2' 

[oo20] icft-?x. mim<D&A®MAx±m'm 

-TMt^fS. &Js. (l) s&cfc^r { } tt/h»£« 
^n^nmtfse? h (m=8) -ctjffissn 

TOSif S<b. cn6«ADRCIalffiSe(Ctet,»r^n 
class = X q i (2 F )' 



/DR) (1) 

* [0 0 2 1 ] C<D£5<,CVX:K.ffiZtltc*-~7 : -<*mZ 
OryXHy?) &^*i^ttq„ <n=l~-6) 
i-TSi. *7X$HB8&1 4KaW6n/c?7X3- F 

[002 2] 
*10 [&2] 

(2) 



[002 3] (C^-rjH#^fr^CiK;«t»3, *©:/ 
a?i> (q, ~q & ) ^11-5^7X^^7X3- 

Kciass z&m-rzt&tc. ^smmstitcfzrxi* ■> 

7"f-^Dl2{Cl-5<i'7X3-K class£^7X=i 

- ft*-* d 1 4 1 lttojombu* i 5 tarn? 

2>. COi^Xa- K classtt. . ^J&tt* * U 1 5t!p 
frlc <2) 3«C:fot,>T. nliHStSftfctf-T 1 .* ^$9F$ 20 

(^7^$^) q, ©&£*u c<omm(om 

L. d©*ife<D^©J#^P=2-C*>S„ 
[0024] CcDi^CCOr, ^7Xt>IHS|J1 4«^7 

0*>6WOUJ3tl/ti'7X*77 , (Di'7X3- K class 
CMi'7X3-Ff-ifD 1 4il,-C^S'J 

[002 5] WMN&^'J 1 5JC«. Si'7X3- F 
KJtfjST 6^«iJ&lfc©-te 7 r- #5 i> =y X a - F fC*f j£f -5 30 

r Fuxtc^n^tifBttsnrteo. 4 

*^#fef&3nSi'7X3-Ff r -^D 1 4*C»-3l,»T v 



1 e»ctti&**is. 

[0026] c®sat©»»©*»^. thx^jshmw* 
tHsu 1 3 toh^mz 7 7"<t i^x^mmu 1 6 ccfti&s 

^5^--f^ tfS&fJ^-^D 13{cMt. 

UteBtamgB 1 s^emA^nst-f^Mf-f© 

(DCfifcft) D 1 8*i¥^lffl»agiJl 8fC*5l»T 

ttftiSlvcDCi&HtjE*?:? (DCffii>7X) ibr 
8 tr 7 F tcJBIHtS *a^#l?a»g|3 1 6 3 tii J; -5 

©DC >£#*i8iE * 7 7*(c J: SAKE Jfttftfftl 3 ti& C i tc 

[002 7] ^«SggB 1 6 oJ^^SiJiHeSUfflajgp 

i 3{cfeorb-7^^wgpi i^6««e^n-5.^)oajL 
rnrnmnc ont 1 1 tctc, c-ct?j o tb s ti/c^M u v 

[0028] 
[&3] 



X t +W» X s + + W B X a 



C3) 



[0029] lCfn~?mmffi»Zft 5C.±tiC£*). ^#JM 

* y ' ' *» c <D?mm y ' jc d c la^it lEJiasttJin 

6 t LTTOftm 1 6 frhtitfl StlS. 40 
[0030IEW, fy^mSBl HOs^XAtJ^r 

I^CONT 1 1 £T^*7X7}SSfl«lHJSff 1 2£l>*pT 

^a'jvu»gpai wan l 3 cc^t ^citcto, 

[003 1 ] ft*?, ^-f 1 ^ *{t^A5a^B 1 0 <omm 50 



c©^ei^a 7 z*mtfi.-?z>m#tmfct L/X. c<Dm 

moBMlcis^Xim 4 K^t3 >fa- ^f^fiS©^g 

*ffit,^. -r^cto^^ S4(c*ji>r v ■< *mm& 

ffltSai Ott. MXBUS£/M,TCPU2 1. ROM 
(Read Only Memory) 2 2, ^jW^t* •/ 1 5*^1" 
5 RAM (Random Access Memory) l 5, 
;£fteh&i&3ft;Mtt*K£WU CPUl 1BROM2 
2 Kt&*flSftTi,>5«'?©:7'P ^5 A^Htf-rs C t«: 

tnspi i v f7X7>sa»iiiHigiJi 2. ^mmmmmu 
i3, « x^ase 1 4 . ^iMSSnsB 1 6 mm-vmn 

ttiSBi 8) iLr«)fPT€»J:^K:^3n-cc>-5„ 
[003 2 ] 27c. *-7^-< *®^tea«g 1 0 (Ctt* 
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mfomm&ft *> c t *>r # 

[0033] JL-- tf«> K-^v^X^OpA** 
CPU 2 1 &C*tGT0 1 lCH>X±j£btct7 : 7Z.fm%k 

m&mfzaz. corns* tmnmmgim. i 
-rs^-r^^-f (xjjx—t'j di o 

ZXUb. SiAAt-f^f-^D 1 OCCULT:? 

[0034] H^fc H5«:*-:r -* tmmmgim i 

0{tfcW&£7X#ffiS£^ffi©^^|[i£^U 

*ffi#«iffl$gg 1 0 »xr ? ^SPl 1 ^63i5a 
ffl^lHCcA-Si. fK*?- -^SPl 2lCtH,>XAt)* 

[003 5] COMSfl/cfj-f (ftt:??P 1 T 
1 . *l/>hf^PIT2. ^t?^PIT3)tt 

P 1 3 tCfcUT tr ? *-«CtS Dfc i> =5 X £ :/©#J 
^Tofctg* Xf-y^SP 1 4iC*Sl,>T:5> ^X#$HSP 1 
4 CC<fc (^-— r * tfigjfc) 

ts. •euT^-^^^M-^Msi^gi o«. *^x# 
mvm^mztitc???.^- F*:mi>x^Mmks*v 

[003 6] fiffftx« •> l 5 *>e,i«^W3ti/^i9J 
,^7-^spi 5{c*5i»-r^iliS#S|Ji 6©^ 
wmmcm^htiz. c©i?, ^Mflcsp 1 6 \m%t 
^mmammi zi^^xm^m^kiic^-r-t^m^ 

XY>, AJjf-Tj *-?-ZD 1 0 {*■€•©£ yf-te&G 

- 7 s -t *mm> % ■< f 2 -j * \y > vxiEMit $ ti/c^tc 
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ft. ^-ir-ftffl-^llggl 0l*Xf-»;:/SP 1 6(C 
[0 03 7] ^r:. h l ic-y^xlMUtc^sm&J* 
" .sec «fc -> -cf#-s/c*©^gisissico^rMB«'r 

[0 03 8] @6CC*st^r. ^Willg3 0«. ift^fK© 

10 7JC^W£. ^tsSm^feJ*? -^#3 7«\ ra?l#^l9: 
D 3 9 CC J; D S« S n^ra 5 1 # ^-CgtESP* - ^ ^ 

d 3 o*mjmmc-ttcm'?zi!->7)imi}\< <t 

[0 03 9 ] C©JS^-, £tfeOI ^ ^rS? 3 7 iCte 

ctnc&Kx±?£<D*~-7 : -i tmnmmw. i o rw^s 

SiiS^-^^^^-^^MfeSo mux, ±m<o*- 

r-itmm&mmwi ot,as^x^>^>)>ifmm^ 
20 rzms. £.femm£f&7 a fr2 3 7xiz-y->7>)>? 

ytf-i'Dl 0©^U/tf r -^-y->^;V^ffi^Ci 

^7 v JV^3 7r{*f s -^-9->^^^$-tf^ra?| 

[0040] *><LT. ^<l^*5£7^JV3r3 7««[ 
SP* - -f a * f 8 - * 3 0 *> 6fif«©K? I * ^ffitc J; 0 & 

30 sp3 1 , 9?zfm&mm%i3 2RV¥Mmm&Mm® 

3 3(C^n^n«*ST-5„ 

[004 1 ] tfv ?mtoBXL3 1 o^tHmtdt? }M 
3 7 *^^3tl/c*^— ^"^-^ D 3 7 fC-X> 

r. a2Ro'S3cco(,>-c±aofcf >^ m&fflm 
m z^m*-?* tf-*D3 7©@etaw{c»-3iv 

[0042] ■eut:tf'»^i*m^3 i»*i/>hf»^ 
pi T2te.ttfotz>m\z*j?-p i t i mf vi-p 
i T3^tftUiT^<b. cne^wom^ /c«6©^ouiL/ 

40 MfflHt^tC O N T 3 1 ^^5' 5 X#«g|5|4HjgU 3 2 S 

. [004 3)^^7 X#«g&»m$l5 3 2 tt^JO HI 0*IJ 
fflim-^CONT3 l«C*-3Ffc»r. ff ^PITlia 
ftv-r^^^X^ f ^CL 1 . *l/>hf?fPIT2K 
*fi£TSf 7X$y7CL2S^$^P I T3K 
*fIo-r i ^ ^X f y 7"C L 3 ^ ^"t 1 - » D 

37*>e>W3tHb. Cti6?ri'^X : Sf -^f-^DS 2 
t(/t^7^SS34tC«|&TS. 
[0044] f 7^HSS?34« > ^7X^afftmg|}3 
50 2&Cfc(,>T^9tti3ttfc*5X# ^^(C-5C>T. S^i' 



(7) 



DRC (Adaptive Dynamic Range Goding) IsIifSgBt, t> 

[00 4 5] ADRC@jf§g|5«*5X£?:77 i -£D3 
2tC*tl/T. «B8K 7 h#>62 C» htCffifgT&J: 

coADRcosgg&tt. mmw^vcik'n*) fco-c 

[0 0 4 6 ] JWfcftKii. *-*?4 *W&±<DB-o<D8 

2 4, M>5i£*fr£!t©* ^^^mum-fti 

@S8_L©:ftffl#s^< fcr, c©sft5fe 

©ff^©f 5*#ssin 4-c«^©rtgp{cswe>nfcA 

D R CH88gUT£jj£;* txZ^f - ^ffiffl?"- £tc8-3v> 
£6fcf? hTSTCiiiTt^ 2" =64?7XiC»I 20 

[0047] ccr> ADRc@ifSSB«. womztifc 
^u>y£DR. t^moa^m, #^^x^^^ - © 
( i ) js.tmm<Dmmcj:K>> mm*i<Dm.*;mMAxt 

w&f-zw. -en-enm«8t'-^ Mm=8) -cut 
fiXsnrc^i-r-si. cn6t*ADRciii?ssp{c*ji=> 30 

[0 04 8] c<D£5i,cLxH.ffi2titc*~T-i *mm 

(fvXZvzf) *^n^tlq„ (n= l~6) 
fTSt. *^X#«gfl3 4Ki£tte>*l/t^X=i-- K 

y = w 1 xi +Ws xt + + w. > 
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:a-3c>-c< (2) Ktrnmctmnzmfttzct 

CCfcO, ^©^ci^^ ( Ql ~q 6 ) ^ifSi'^x* 
Sti-Wa- Fclass «8tHU 3tIHi3nfci'7 
^=i-Kclass *i'5X3-Kr-^D3 4<tbr ; paiJ 
^t»mgP3 6K:«*&-r.5„ @*(c (2) SCtcto^r. 

q„ ©i**atu c<Dm)&mm<Dm&n = 6X'$>*). 
*fcpttbr? haosrssu c©Hite©?»)ig£- 

P= 2"C*-S„ 

[0 0 4 9 ] CCi^CLT. ^5^^«gP34«^5 
^3-Ff»fD3 4^0, CtlZ^ffl%$Lnm& 
3 6KEm. ^i>J^^tiJS|J3 6(C«. 

M»gpffltHSiJ3 3{c*jc^rf"y^agpi l*P6t£itei* 
n^OitiOifellWI^CONTl 1 scf&orwomsn 

^P") D 1 3 (x, ~x„ ) i^«lfiLtHg|J3 8tC*J^ 
TStmStl/c-eoWi (DCffitiIE**7*) D38* 

[005 0 ] ^j9J#^[»ttlSB3 6 * =7 X^SSB3 4 
a^t^Sttfci'^ri- h'classt. Si'^a-Fc 

lass micmtuztitc^mz awst,.*** 

^^n^WS^tfefiff^-^^ D 3 0i4ffl 

[0 0 5 1 ] -$tSif>%^ ^m$y^(r>-n^r^V')V<D\y"< 

KRVw-mmz^ti^tix* , x,. x„ tu 

\trf-%*k<Xi . q„ i-TS. C©<££. C©M 

t£©*7*:3- Fclass £±j$© (2) 5£©<fc 5 K5g» 

-en. x, , x, to. m^momm*- 

^h*?-* DSOOU^Myitfcit. ^7X3 
-FflHc. fi^Kw, , w, . w n {cJc-Sn* 

[0 05 2] 

C4) 



[005 3] iti. ¥Btttt. w. tf7&£ff>tC& 

So 

[0 054] ^lilsISgSOrtt, ^7^3-FffK. £ 40 [ft 5] 

y, =wi xh+'wi x«i+ ¥, x». 

[0056] *t|^3llS. fMLk= 1. 2. Mr ★SC. 

fc*. [0 05 8] 

[0057]M>n©^ ^S'Jfigfcw, , w„ it [&6J 

— SWic^*6J&:t^©r. iJ^fF^eCS^ ★ 

e» =y k — [wi x»i+wi x»i+ w» x».) 

[0 05 9]<c±-,tS»l/(flL. k=l. 2, - [0060] 

m) . &a x mi] 



x?>\,mm<DW>^. ±m<D (4) «ot, 

[0055] 



(5) 
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(57)Abstract: 

PROBLEM TO BE SOLVED: To provide a digital signal 
processing method capable of further improving the 
waveform reproducibility of a digital signal, a learning 
method, and their apparatus, and program storage media 



therefor. 

SOLUTION: A digital audio signal D10 is categorized as a 
class and the digital audio signal D10 is prediction- 
operated using a prediction coefficient corresponding to 
the categorized class and the DC component of the 
digital audio signal D10. Moreover, not only the class of 
the digital audio signal D10 is categorized, but also the 
DC component value of the digital audio signal D10 is 
categorized as a class, and the categorized classes are 
integrated to generate a new class class', and the digital 
audio signal D10 is prediction- operated using a 
prediction coefficient corresponding to the new class 
class'. In such a manner, it is possible to perform a 
conversion further adaptive to the characteristics of the 
digital audio signal D10. 
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* NOTICES * 

Japan Patent Office is not responsible for any 
damages caused by the use of this translation. 

1 This document has been translated by computer. So the translation may not reflect the original 
precisely. 

2.**** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 



CLAIMS 



[Claim(s)] 

[Claim 1] Digital-signal-processing equipment carry out having a prediction operation means 
generate the new digital audio signal which comes to change the above-mentioned digital audio 
signal in the digital-signal-processing equipment which changes a digital audio signal a class 
classification means classify the class of the above-mentioned digital audio signal, and by 
carrying out the prediction operation of the above-mentioned digital audio signal using the value 
of the dc component of the prediction coefficient corresponding to the class by which the 
classification was carried out [ above-mentioned ] f and the above-mentioned digital audio signal 
as the description. 

[Claim 2] The above-mentioned prediction coefficient is digital-signal-processing equipment 
according to claim 1 characterized by being generated by study based on the digital audio signal 
beforehand considered as a request. 

[Claim 3] The digital-signal-processing approach of carrying out having the prediction operation 
step which generates the new digital audio signal which comes to change the above-mentioned 
digital audio signal in the digital-signal-processing approach of changing a digital audio signal, the 
class classification step into which the class of the above-mentioned digital audio signal is 
classified, and by carrying out the prediction operation of the above-mentioned digital audio 
signal using the value of the dc component of the prediction coefficient corresponding to the 
class by which the classification was carried out [ above-mentioned ], and the above-mentioned 
digital audio signal as the description. 

[Claim 4] The above-mentioned prediction coefficient is the digital-signal-processing approach 
according to claim 3 characterized by being generated by study based on the digital audio signal 
beforehand considered as a request. 

[Claim 5] In the study equipment which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes a digital audio signal A student digital audio signal 
generation means to generate the student digital audio signal which degraded the digital audio 
signal concerned from the digital audio signal considered as a request, A class classification 
means to classify the class of the above-mentioned student digital audio signal, Study equipment 
characterized by having a prediction coefficient calculation means to compute the prediction 
coefficient corresponding to the above-mentioned class based on the value of the dc component 
of the above-mentioned digital audio signal, the above-mentioned student digital audio signal, 
and the above-mentioned student digital audio signal. 

[Claim 6] In the study approach which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes a digital audio signal The step which generates the student 
digital audio signal which degraded the digital audio signal concerned from the digital audio signal 
considered as a request, The class classification step into which the class of the above- 
mentioned student digital audio signal is classified. The study approach characterized by having 
the step which computes the prediction coefficient corresponding to the above-mentioned class 
based on the value of the dc component of the above-mentioned digital audio signal, the above- 
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mentioned student digital audio signal, and the above-mentioned student digital audio signal. 
[Claim 7] In the digital-signal-processing equipment which changes a digital audio signal, while 
classifying the class of the above-mentioned digital audio signal A class classification means to 
classify the class of the value of the dc component of the above-mentioned digital audio signal, 
to unify each class by which the classification was carried out [ above-mentioned ], and to 
generate a new class, the above — the digital-signal-processing equipment characterized by 
having a prediction operation means to generate the new digital audio signal which comes to 
change the above-mentioned digital audio signal by carrying out the prediction operation of the 
above-mentioned digital audio signal using the prediction coefficient corresponding to a new 
class. 

[Claim 8] The above-mentioned prediction coefficient is digital-signal-processing equipment 
according to claim 7 characterized by being generated by study based on the digital audio signal 
beforehand considered as a request. 

[Claim 9] In the digital-signal-processing approach of changing a digital audio signal, while 
classifying the class of the above-mentioned digital audio signal The step which classifies the 
class of the value of the dc component of the above-mentioned digital audio signal, unifies each 
class by which the classification was carried out [ above-mentioned ], and generates a new 
class, the above — the digital-signal-processing approach characterized by having the step 
which generates the new digital audio signal which comes to change the above-mentioned digital 
audio signal by carrying out the prediction operation of the above-mentioned digital audio signal 
using the prediction coefficient corresponding to a new class. 

[Claim 10] The above-mentioned prediction coefficient is the digital-signal-processing approach 
according to claim 9 characterized by being generated by study based on the digital audio signal 
beforehand considered as a request. 

[Claim 1 1] In the study equipment which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes a digital audio signal A student digital audio signal 
generation means to generate the student digital audio signal which degraded the digital audio 
signal concerned from the digital audio signal considered as a request, A class classification 
means to classify the class of the value of the dc component of the above-mentioned student 
digital audio signal, to unify each class by which the classification was carried out [ above- 
mentioned ], and to generate a new class while classifying the class of the above-mentioned 
student digital audio signal, the value of the dc component of the above-mentioned digital audio 
signal, the above-mentioned student digital audio signal, and the above-mentioned student digital 
audio signal — being based — the above — the study equipment characterized by having a 
prediction coefficient calculation means to compute the prediction coefficient corresponding to a 
new class. 

[Claim 12] In the study approach which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes a digital audio signal While classifying the step which 
generates the student digital audio signal which degraded the digital audio signal concerned from 
the digital audio signal considered as a request, and the class of the above-mentioned student 
digital audio signal The step which classifies the class of the value of the dc component of the 
above-mentioned student digital audio signal, unifies each class by which the classification was 
carried out [ above-mentioned ], and generates a new class, the value of the dc component of 
the above-mentioned digital audio signal, the above-mentioned student digital audio signal, and 
the above-mentioned student digital audio signal — being based — the above — the study 
approach characterized by having the step which computes the prediction coefficient 
corresponding to a new class. 

[Claim 13] The program storing medium which makes digital-signal-processing equipment 
perform the program containing the step which generates the new digital audio signal which 
comes to change the above-mentioned digital audio signal by carrying out the prediction 
operation of the above-mentioned digital audio signal using the value of the dc component of the 
step which carries out the class classification of the digital audio signal, the prediction 

http://www4jpdljpo.go.jp/cgi-binA 2004/08/27 



3/3 s<— V ~ 



coefficient corresponding to the class by which the classification was carried out [ above- 
mentioned ], and the above-mentioned digital audio signal. 

[Claim 14] The program storing medium which makes study equipment perform the program 
containing the step which computes the prediction coefficient corresponding to the above- 
mentioned class based on the step which generates the student digital audio signal which 
degraded the digital audio signal concerned from the digital audio signal considered as a request, 
the above-mentioned step which carries out a student digital audio signal class classification, 
and the value of the dc component of the above-mentioned digital audio signal, the above- 
mentioned student digital audio signal, and the above-mentioned student digital audio signal. 
[Claim 1 5] the step classify the class of the value of the dc component of the above-mentioned 
digital audio signal, unify each class by which a classification was carried out [ above- 
mentioned ], and generate a new class while classifying the class of a digital audio signal, and the 
above — the program storing medium which makes digital-signal-processing equipment perform 
the program containing the step which generates the new digital audio signal which comes to 
change the above-mentioned digital audio signal by carrying out the prediction operation of the 
above-mentioned digital audio signal using the prediction coefficient corresponding to a new 
class. 

[Claim 16] While classifying the step which generates the student digital audio signal which 
degraded the digital audio signal concerned from the digital audio signal considered as a request, 
and the class of the above-mentioned student digital audio signal The step which classifies the 
class of the value of the dc component of the above-mentioned student digital audio signal, 
unifies each class by which the classification was carried out [ above-mentioned ], and 
generates a new class, the value of the dc component of the above-mentioned digital audio 
signal, the above-mentioned student digital audio signal, and the above-mentioned student digital 
audio signal — being based — the above — the program storing medium which makes study 
equipment perform the program containing the step which computes the prediction coefficient 
corresponding to a new class. 



[Translation done.] 
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* NOTICES * 

Japan Patent Office is not responsible for any 
damages caused by the use of this translation. 

1. This document has been translated by computer. So the translation may not reflect the original 
precisely. 

2. **** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 



DETAILED DESCRIPTION 



[Detailed Description of the Invention] 
[0001] 

[Field of the Invention] This invention relates to a program storing medium at the digital-signal- 
processing approach, the study approaches, and those equipment lists, and is a rate converter or 
PCM (Pulse Code Modulation). It applies to a program storing medium and is suitable for the 
digital-signal-processing approach of performing interpolation processing of data to a digital 
signal in decode equipment etc., the study approaches, and those equipment lists. 
[0002] 

[Description of the Prior Art] Before inputting a digital audio signal into digital one/analog 
converter conventionally, exaggerated sampling processing which changes a sampling frequency 
by several times the original value is performed. Thereby, the digital audio signal outputted from 
digital one/analog converter is made as [ eliminate / the phase characteristic of an analog anti- 
aliasing filter is kept constant in an audio frequency quantity region, and / the effect of the 
image noise of the digital system accompanying a sampling ]. 

[0003] In this exaggerated sampling processing, the digital filter of a linearity primary (straight 
line) interpolation method is usually used. Such a digital filter generates linear interpolation data 
in quest of the average value of two or more existing data, when a sampling rate changes or data 
are missing. 
[0004] 

[Problem(s) to be Solved by the Invention] However, although the amount of data has become 
precise several times to time amount shaft orientations by linearity linear interpolation as for the 
digital audio signal after exaggerated sampling processing, the frequency band of the digital audio 
signal after exaggerated sampling processing seldom changes to before conversion, and the tone 
quality itself has not improved. Furthermore, since the interpolated data were not necessarily 
generated based on the wave of the analog audio signal in front of A/D conversion, most its 
wave repeatability has not improved. 

[0005] Moreover, although the frequency was changed using the sampling rate converter when 
the digital audio signal from which a sampling frequency differs was dubbed, it was difficult to be 
able to perform only interpolation of linear data but to improve tone quality and wave 
repeatability with a linearity primary digital filter, also by this case. Furthermore/it is the same 
when the data sample of a digital audio signal is missing. 

[0006] This invention was made in consideration of the above point, and tends to propose a 
program storing medium in the digital-signal-processing approach which may improve the wave 
repeatability of a digital signal much more, the study approaches, and those equipment lists. 
[0007] 

[Means for Solving the Problem] Since this technical problem is solved, conversion which was 
adapted for the description of a digital audio signal much more in this invention by having 
generated the new digital audio signal which comes to change a digital audio signal by carrying 
out the class classification of the digital audio signal, and carrying out the prediction operation of 
the digital audio signal using the prediction coefficient corresponding to the classified class and 
the value of the dc component of a digital audio signal can be performed. 
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[0008] Moreover, in order to solve this technical problem, it sets to this invention. While 
classifying the class of a digital audio signal, the class of the value of the dc component of a 
digital audio signal is classified. Unify each classified class and a new class is generated. By 
having generated the new digital audio signal which comes to change a digital audio signal by 
carrying out the prediction operation of the digital audio signal using the prediction coefficient 
corresponding to a new class Conversion which was adapted for the description of a digital audio 
signal much more can be performed. 
[0009] 

[Embodiment of the Invention] About a drawing, the gestalt of 1 operation of this invention is 
explained in full detail below. 

[0010] In case the audio signal processor 10 raises the sampling rate of a digital audio signal 
(this is called audio data below) or audio data are interpolated in drawing 1 , it is made as 
[ generate / the audio data near a true value / class classification application processing ]. 
Incidentally, a digital audio signal means the sound signal showing the voice which people and an 
animal utter, the musical-sound signal showing the musical sound which a musical instrument 
emits, and the signal showing other sounds. 

[001 1] That is, in the audio signal processor 10, the pitch detecting element 1 1 detects the pitch 
(fundamental frequency) of the input audio data D10 shown in drawing 2 or drawing 3 supplied 
from the input terminal TIN based on the autocorrelation of the input audio data D10. 
[0012] That is, it is judged that the pitch detecting element 11 detects an autocorrelation value 
for every range of the versatility which it comes to divide into a time-axis field, and it has a pitch 
about the input audio data D10 when the autocorrelation value concerned is larger than a 
predetermined threshold. And the pitch detecting element 1 1 is the pitch period PITT in case 
there is a pitch. And let pitch size and its location be pitch classes. For example, when it has the 
wave as the input audio data D10 show to drawing 2 , the pitch detecting element 1 1 detects 
front pitch PIT1 and the back pitch PIT 3 in the location which adjoins before and after that to 
the current pitch PIT 2. Incidentally, front pitch P1T1 and the back pitch PIT 3 which the pitch 
detecting element 1 1 detects do not necessarily restrict adjoining the current pitch PIT 2, but 
also have a predetermined distance detached building ****** case from the current pitch PIT 2. 
[0013] The pitch detecting element 1 1 will supply the logging control signal CONT1 1 for starting 
these to the adjustable class classification section extract section 12 and the adjustable 
prediction operation part extract section 13, if front pitch PIT1 and the back pitch PIT 3 
corresponding to the current pitch PIT 2 are detected. 

[0014] Based on the logging control signal CONT11, the adjustable class classification section 
extract section 12 starts the class tap CL 3 corresponding to the class tap CL 1 corresponding 
to front pitch PIT1, the class tap CL 2 corresponding to the current pitch PIT 2, and the back 
tap PIT 3 from the input audio data D10, and supplies it to the class classification section 14 by 
making these into the class tap data D12. 

[0015] The class classification section 14 is ADRC (Adaptive Dynamic Range Coding) which 
unifies these individually in each pitch (front pitch PIT1 , the current pitch PIT 2, and the back 
tap PIT 3) of every, compresses the class tap, and generates a compression data pattern about 
the class tap started in the class classification extract section 12. It has the circuit section and 
the class code generating circuit section which generates the class code to which the class tap 
data D1 2 belong. 

[0016] The ADRC circuit section forms pattern compressed data by performing an operation 
which is compressed into 2 bits from 8 bits as opposed to the class tap data D12. Since this 
ADRC circuit section can perform accommodative quantization and can express the local 
pattern of signal level efficiently by the short word length here, it is used for code generating of 
a class classification of a signal pattern. 

[001 7] When it is going to carry out the class classification of the six 8-bit data on an audio 
wave (class tap), it must classify into a huge number 248 of classes, and, specifically, the burden 
on a circuit increases. So, in the class classification section 14 of the gestalt of this operation, a 
class classification is performed based on the pattern compressed data generated in the ADRC 
circuit section prepared in that interior. For example, if 1-bit quantization is performed to six 
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class taps, six class taps can be expressed with 6 bits, and can be classified into 26 = 64 class. 
[0018] Here, the ADRC circuit section is a degree type and [0019], when the data level of m and 
each class tap is set to L and a quantization code is set [ the dynamic range of the class tap in 
the started field (audio wave) ] to Q for this [ DR and / bit rate ]. 
[Equation 1] 
DR=MAX-MI N+ 1 

Q= { (L-M I N+ 0.5) x 2 B /DR} (1 ) 

[0020] It is alike, and it follows and quantizes by dividing equally by the bit length which had 
between the maximum MAX in a field, and the minimum values MIN specified. In addition, in (1) 
type, { } means the cut-off processing below decimal point. In this way, supposing six class taps 
consist of 8 bits (m= 8), for example, respectively, as for these, each will be compressed into 2 
bits in the ADRC circuit section. 

[0021] Thus, if the compressed audio data point (class tap) is set to qn (n=1-6), respectively, the 
class code generating circuit section prepared in the class classification section 14 is the 
compressed audio data point qn. It is based and is a degree type and [0022]. 
[Equation 2] 

class =S qi (2 P ) J (2) 

[0023] Class code class which shows the class to which the block (q1 -q6) belongs by being 
alike and performing the shown operation Class code based on the computed class tap data D12 
concerned while computing The prediction coefficient memory 15 is supplied by using class as 
the class code data D14. This class code class shows the read-out address at the time of 
reading a prediction coefficient from the prediction coefficient memory 15. Incidentally it is the 
audio data point (class tap) qn into which n was compressed in (2) types. A number is expressed 
and, in the case of the gestalt of this operation, it is n= 6, and P expresses bit assignment and, in 
the case of the gestalt of this operation, is P= 2. 

[0024] Thus, the class classification section 14 is the class code of the class tap started from 
the input audio data D10 in the class classification section extract section 12. class is generated 
and the prediction coefficient memory 15 is supplied by making this into the class code data 
D14. 

[0025] Set w1 -wn of the prediction coefficient which the set of the prediction coefficient 
corresponding to each class code is memorized to the address corresponding to a class code by 
the prediction coefficient memory 1 5, respectively, and is memorized to the address 
corresponding to the class code concerned based on the class code data D14 supplied from the 
class classification section 14 It is read and the prediction operation part 16 is supplied. 
[0026] In the case of the gestalt of this operation, it is made as [ supply / in addition to the 
audio data point D13 supplied to the prediction operation part 16 as a prediction tap, the average 
(DC component) D18 of the audio data point outputted from the adjustable prediction operation 
part extract section 13 is computed in the average calculation section 18 from the adjustable 
prediction operation part extract section 1 3, 8 bits normalizes as a DC component amendment 
tap (DC value class), and / the prediction operation part 16 ]. By the prediction operation in the 
prediction operation part 1 6, DC component which changed by coding distortion etc. is amended 
by adding the correction term by this DC component amendment tap. 

[0027] The prediction operation part 16 is the prediction tap (x1 -xn) which consists of an audio 
data point D13 which was started according to the logging control signal CONT1 1 supplied from 
the pitch detecting element 11 in the adjustable prediction operation part extract section 13, and 
which is going to carry out a prediction operation, and prediction coefficient w1 -wn. It receives 
and is a degree type [0028]. 
[Equation 3] 

y' =wi x i +wj x 2 + + w a x, — — (3) 
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[0029] Prediction result y' is obtained by being alike and performing the shown sum-of-products 
operation. The result by which DC component correction term was added to this forecast y' is 
outputted from the prediction operation part 16 as audio data D16 with which tone quality has 
been improved. 

[0030] When it is incidentally judged that there is no pitch in the input audio data D10 in the 
pitch detecting element 1 1 , the pitch detecting element 1 1 performs a class classification and a 
prediction operation by the audio wave near the current data by supplying the control signal 
CONT1 1 for starting the level of an audio wave near the current data, as shown in drawing 3 to 
the adjustable class classification section extract section 12 and the adjustable prediction 
operation part extract section 13, without using front pitch PIT1 and the back pitch PIT 3. 
[0031] In addition, although functional block mentioned above about drawing 1 as a configuration 
of the audio signal processor 10 was shown, the equipment of a computer configuration shown in 
drawing 4 in the gestalt of this operation as a concrete configuration which constitutes this 
functional block is used. In drawing 4 namely, the audio signal processor 10 It has RAM (Random 
Access Memory)15 which constitutes CPU21, ROM (Read Only Memory )22, and the prediction 
coefficient memory 15 through Bus BUS, and the configuration to which each circuit section was 
connected, respectively. By performing the various programs stored in ROM22, CPU 11 It is made 
as [ operate / as each functional block (the pitch detecting element 1 1 , the class classification 
section extract section 12, the prediction operation part extract section 13, the class 
classification section 14, the prediction operation part 16, and averaging section 18) mentioned 
above about drawing 1 ]. 

[0032] Moreover, it has the removable drive 28 which reads information from external storage, 
such as the communication link interface 24 and floppy disk which communicate between 
networks, and a magneto-optic disk, to the audio signal processor 10, each program for 
performing class classification application processing mentioned above about drawing 1 from a 
network course or external storage can be read to the hard disk of a hard disk drive unit 25, and 
class classification adaptation processing can also be performed according to ****** and the 
read program concerned. 

[0033] A user performs class classification processing mentioned above about drawing 1 to 
CPU21 by inputting various commands through the input means 26, such as a keyboard and a 
mouse. In this case, after the audio signal processor 10 inputs the audio data (input audio data) 
D10 which are going to raise tone quality through the data I/O section 27 and performs class 
classification application processing to the input audio data D10 concerned, it is made as 
[ output / through the data I/O section 27 / the audio data D16 whose tone quality improved / 
outside ]. 

[0034] Incidentally, drawing 5 shows the procedure of the class classification adaptation 
processing in the audio signal processor 10, and if the audio signal processor 10 goes into the 
procedure concerned from a step SP 1 1, it will compute the pitch of the input audio data D10 in 
the pitch detecting element 1 1 in the continuing step SP 12. 

[0035] This computed pitch (front pitch PIT1, the current pitch PIT 2, the back pitch PIT 3) is 
also that for ensuring the class classification of an OTIO wave much more, and the audio signal 
processor 10 carries out the class classification of the class tap (audio wave) by the class 
classification section 14 in a step SP 14, after starting the class tap according to a pitch in a 
step SP 13. And the audio signal processor 10 reads a prediction coefficient from the prediction 
coefficient memory 15 using the class code obtained as a result of the class classification. This 
prediction coefficient corresponds for every class by study beforehand, and is stored, and the 
audio signal processor 1 0 can use the prediction coefficient corresponding to the description of 
an audio wave at this time by reading the prediction coefficient corresponding to a class code. 
[0036] The prediction coefficient read from the prediction coefficient memory 1 5 is used for the 
prediction operation of the prediction operation part 16 in a step SP 15. At this time, when the 
prediction operation part 1 6 carries out a prediction operation using the audio wave started in 
the adjustable prediction section extract section 1 3, and its average value and prediction 
coefficient, the prediction operation of the input audio data D10 is carried out using the class 
code obtained by the class tap according to that pitch. At this time, the audio data D16 
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considered as a request are obtained by amending DC component of an audio wave which 
changes when it normalizes with the dynamic range of an audio wave in the class classification 
section 14 by the average value of an audio wave started in the adjustable prediction extract 
section 13. In this way, the input audio data D10 are changed into the audio data D16 with which 
the tone quality has been improved, and the audio signal processor 10 moves to a step SP 16, 
and ends the procedure concerned. 

[0037] Next, the study circuit for obtaining beforehand the set of the prediction coefficient for 
every class memorized to the prediction coefficient memory 15 mentioned above about drawing 
1 by study is explained. 

[0038] In drawing 6 , the study circuit 30 receives the teacher audio data D30 of the quality of 
loud sound in the student signal generation filter 37. The student signal generation filter 37 is 
made as [ lengthen / the teacher audio data D30 / for every predetermined time / at the rate of 
infanticide set up by the rate setting signal D39 of infanticide / between predetermined 
samples ]. 

[0039] In this case, the prediction coefficient generated changes with rates of infanticide in the 
student signal generation filter 37, and the audio data reproduced with the above-mentioned 
audio signal processor 10 according to this also differ. For example, when it is going to improve 
the tone quality of audio data by making a sampling frequency high in the above-mentioned audio 
signal processor 10, infanticide processing which reduces a sampling frequency is performed with 
the student signal generation filter 37. Moreover, when aiming at improvement in tone quality by 
compensating the data sample which lacked the input audio data D10 in the above-mentioned 
audio signal processor 10 to this, according to this, it is made as [ perform / infanticide 
processing made to lack a data sample ] with the student signal generation filter 37. 
[0040] In this way, the student signal generation filter 37 generates the student audio data D37 
by predetermined infanticide processing from the teacher audio data 30, and supplies this to the 
pitch detecting element 31, the class classification section extract section 32, and the prediction 
operation part extract section 33, respectively. 

[0041] About the student audio data D37 supplied from the student signal generation filter 37, 
the pitch detecting element 31 detects the pitch (fundamental frequency) mentioned above 
about drawing 2 and drawing 3 based on the autocorrelation of the student audio data D37. 
[0042] And the pitch detecting element 31 will supply the logging control signal CONT31 for 
starting these to the adjustable class classification section extract section 32 and the adjustable 
prediction operation part extract section 33, if front pitch PIT1 and the back pitch PIT 3 
corresponding to the current pitch PIT 2 are detected. 

[0043] Based on the logging control signal CONT31, the adjustable class classification section 
extract section 32 starts the class tap CL 3 corresponding to the class tap CL 1 corresponding 
to front pitch PIT1 , the class tap CL 2 corresponding to the current pitch PIT 2, and the back 
tap PIT 3 from the student audio data D37, and supplies it to the class classification section 34 
by making these into the class tap data D32. 

[0044] The class classification section 34 is ADRC (Adaptive Dynamic Range Coding) which 
compresses the class tap concerned and generates a compression data pattern about the class 
tap started in the class classification extract section 32. It has the circuit section and the class 
code generating circuit section which generates the class code to which the class tap data D32 
belong. 

[0045] The ADRC circuit section forms pattern compressed data by performing an operation 
which is compressed into 2 bits from 8 bits as opposed to the class tap data D32. Since this 
ADRC circuit section can perform accommodative quantization and can express the local 
pattern of signal level efficiently by the short word length here, it is used for code generating of 
a class classification of a signal pattern. 

[0046] When it is going to carry out the class classification of the six 8-bit data on an audio 
wave (class tap), it must classify into a huge number 248 of classes, and, specifically, the burden 
on a circuit increases. So, in the class classification section 14 of the gestalt of this operation, a 
class classification is performed based on the pattern compressed data generated in the ADRC 
circuit section prepared in that interior. For example, if 1-bit quantization is performed to six 
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class taps, six class taps can be expressed with 6 bits, and can be classified into 26 = 64 class. 
[0047] Here, the ADRC circuit section sets [ the dynamic range of the class tap in the started 
field (audio wave) ] a quantization code to Q for this [ DR and / bit rate ], setting the data level 
of m and each class tap as L, and quantizes by dividing equally by the bit length which had 
between the maximum MAX in a field, and the minimum values MIN specified by the same 
operation as above-mentioned (1) type. In this way, supposing six data points on an audio wave 
consist of 8 bits (m= 8), for example, respectively, as for these, each will be compressed into 2 
bits in the ADRC circuit section. 

[0048] If the compressed audio data point (class tap) is set to qn (n=1-6), respectively, thus, the 
class code generating circuit section prepared in the class classification section 34 Compressed 
audio data point qn By being based and performing the same operation as above-mentioned (2) 
types Class code class which shows the class to which the block (q1 -q6) belongs It computes 
and is the computed class code class concerned. It considers as the class code data D34, and 
the prediction coefficient calculation section 36 is supplied. Incidentally it is the audio data point 
(class tap) qn into which n was compressed in (2) types. A number is expressed and, in the case 
of the gestalt of this operation, it is n= 6, and P expresses bit assignment and, in the case of the 
gestalt of this operation, is P= 2. 

[0049] Thus, the class classification section 34 generates the class code data D34, and supplies 
this to the prediction coefficient calculation section 36. Moreover, the average (DC value 
amendment tap) D38 computed in the audio data point (prediction tap) D13 (x1 -xn) and the 
averaging section 38 which were started according to the logging control signal CONT11 supplied 
from the pitch detecting element 1 1 in the prediction operation part extract section 33, and 
which are going to carry out a prediction operation is supplied to the prediction coefficient 
calculation section 36. 

[0050] the class code class and each class code class to which the prediction coefficient 
calculation section 36 was supplied from the class classification section 34 every — a normal 
equation is stood using the started prediction tap and the teacher audio data D30 of the quality 
of loud sound supplied from the input edge TIN. 

[0051] namely, the level and the average value of n sample of a prediction tap — respectively — 

x1, x2, xn ****** — the quantization data of the result of having been alike, respectively and 

having performed p-bit ADRC — q1, ... qn ** — it carries out. At this time, it is the class code 

class of this field. A definition is given like above-mentioned (2) types. And they are x1, x2 xn 

about the level of a prediction tap as mentioned above, respectively. When it carries out and 
level of the teacher audio data D30 of the quality of loud sound is set to y, they are a prediction 
coefficient w1, and w2, ... wn for every class code. The linearity presumption type of n tap to 
depend is set up. It is this A degree type and [0052] 
[Equation 4] 

y=wi x» +ws xi +-"' + w n x 0 (4) 

[0053] It carries out. Before study, it is wn. It is an undetermined coefficient. 

[0054] In the study circuit 30, it leains to two or more audio data for every class code. When a 

data measurement size is M, above-mentioned (4) types are followed, and it is a degree type and 

[0055]. 

[Equation 5] 

y» =wi Xhi + wi x 13 + w„ x kD (5) 

[0056] It ******. however, k= — 1, 2, and .... it is M. 

[0057] In M>n, they are a prediction coefficient wl and ....wn. Since it is not decided uniquely, it 
is the element of the error vector e A degree type and [0058] 
[Equation 6] 

e fc =y h — (wi xm+wi Xk« + 'W, xj (6) 

[0059] It is defined as alike (however, k= 1 , 2 M), and is a degree type and [0060]. 

[Equation 7] 
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e« = 23 e'» (7) 

[0061] It asks for the prediction coefficient made into min. It is a solution method by the so- 
called least square method. 

[0062] wn according to (7) types here It asks for a partial differential coefficient. In this case, a 
degree type, [0063] 

[Equation 8] 

Be 2 m r d e * i m 

= S 2 e * = X 2 x ki • e k 

aw i k -° 1 3w i J 1 - fl 

= S 2 x>» • e* (i =1, 2 n) (8) 

[0064] What is necessary is just to calculate each wn (n=1-6) so that it may be made "0." 
[0065] And a degree type, [0066] 
[Equation 9] 

x,,= _b x M ■ x P , (9) 

[0067] 

[Equation 10] 

Yi = £xn ( yi CIO) 

k-o 

[0068] ** — like — Xij and Yi if a definition is given — (8) types — a matrix — using — a 
degree type and [0069] 
[Equation 11] 
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[0070] It is expressed by carrying out. 

[0071] Generally this equation is called the normal equation. In addition, it is n= 6 here. 
[0072] the prediction coefficient calculation section 36 after the input of all the data for study 
(the teacher audio data D30, the class code class, and prediction taps D33 and D38) is 
completed — each class code class the normal equation having shown in above-mentioned (11) 
equations — standing — this normal equation — sweeping out — general matrix solution 
methods, such as law, — using — every — Wn ******** — it solves and a prediction 
coefficient is computed for every class code. By the prediction coefficient calculation section's 
36 making a correction term DC value amendment tap supplied from the averaging section 38 at 
this time, and adding and calculating at the time of calculation of each prediction coefficient DC 
component of an audio wave which changes when it normalizes with the dynamic range of an 
audio wave in the class classification section 34 can be amended by the average value of an 
audio wave started in the adjustable prediction extract section 33, and the audio data D16 
considered as a request are obtained. The prediction coefficient calculation section 36 writes 
each computed prediction coefficient (D36) in the prediction coefficient memory 1 5. 
[0073] As a result of performing such study, in the prediction coefficient memory 15, they are 

the quantization data q1 , q6. The prediction coefficient for presuming the audio data (and 

average) y of the quality of loud sound is stored for every class code for every pattern specified. 
This prediction coefficient memory 15 is used in the audio signal processor 10 mentioned above 
about drawing 1 . By this processing, study of the prediction coefficient for creating the audio 
data of the quality of loud sound from the usual audio data according to a linearity presumption 
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type is completed. 

[0074] Thus, the study circuit 30 can generate the prediction coefficient for the interpolation 
processing in the audio signal processor 10 in consideration of extent which performs 
interpolation processing in the audio signal processor 10 by performing infanticide processing of 
the teacher audio data of the quality of loud sound with the student signal generation filter 37. 
[0075] In the above configuration, DC component of an audio wave which deteriorated when 
carrying out normalization processing with the dynamic range of an audio wave in the class 
classification section 34 can be amended in the prediction coefficient calculation section 36 in 
the study circuit 30 by supplying DC component (average) of the student audio data D37 to the 
prediction coefficient operation part 36. Therefore, the multiplier by which DC component was 
amended is memorized by the prediction coefficient memory 15. 

[0076] On the other hand, in the audio signal processor 10, DC component of an audio wave 
which deteriorated when carrying out normalization processing with the dynamic range of an 
audio wave in the class classification section 14 can be amended at the prediction operation part 
16 by supplying DC component (average) of the input audio data D10 to the prediction operation 
part 1 6. Therefore, by performing a prediction operation using the prediction tap by which DC 
component was amended, and a prediction coefficient without degradation of DC component, the 
audio data D16 of the quality of loud sound considered as a request are obtained. 
[0077] According to the above configuration, the audio data D16 of the quality of loud sound can 
be obtained much more by extracting DC component and having amended DC component based 
on the DC component concerned at the time of conversion of an audio signal. 
[0078] In addition, although the case where the average of the field of an audio wave started in 
the adjustable prediction operation part extract sections 13 and 33 was computed in the gestalt 
of above-mentioned operation was described As this invention is shown in drawing 7 and drawing 
8 which attach and show the same sign to a corresponding point not only with this but drawing 1 
and drawing 6 The range which computes an average value from a zero cross, the polar number, 
etc. of an audio wave in the average-value calculation section extract sections 1 9 and 39 is 
determined, and you may make it compute the average values D19 and D39 in the determined 
range concerned. 

[0079] Moreover, in the gestalt of above-mentioned operation, it sets in the audio signal 
processor 10 and the study circuit 30. Although the case where normalized to 8 bits by using as 
DC component amendment tap (DC value class) the average values (DC component) D18 and 
D38 computed in the averaging sections 1 8 and 38, and the prediction operation part 1 6 and 36 
was supplied was described As this invention is shown in drawing 9 and drawing 10 which attach 
and show the same sign to a corresponding point not only with this but drawing 1 and drawing 6 
You may make it supply the average value (DC component) computed by average-value 
calculation section 18' and 38' to class classification section 14' and 34' as DC value class data 
D18' and D38'. 

[0080] In this case, DC value class data D18' to which class classification section 14' and 34' are 
supplied from average-value calculation section 18' and 38', class code class of the class tap 
data D12 and D32 divided into the same time-axis field as D38' Class code CLASS of DC value 
class data D18' and D38' The class code data (class ') D14 and D34 which were made to 
correspond and were unified are generated. 

[0081] Thus, if the average value (DC component) computed by average-value calculation 
section 18' and 38' is supplied to class classification section 14' and 34' as DC value class data 
D18' and D38' The frequency of a class classification can be made [ many ] much more, and the 
audio signal processor 10 which performs the prediction operation of input audio data in this way 
using the prediction coefficient based on the result by which the class classification was carried 
out can be changed into the audio data of the quality of loud sound much more. 
[0082] Moreover, although the case where the adjustable class classification section extract 
sections 12 and 32 were supplied in the audio signal processor 10 and the study circuit 30 in the 
gestalt of above-mentioned operation by making into a pitch class the pitch size detected by the 
pitch detecting elements 1 1 and 31 and its location was described As this invention is shown in 
drawing 1 1 and drawing 1 2 which attach and show the same sign to a corresponding point not 
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only with this but drawing 1 and drawing 6 You may make it supply the number of pitches 
detected by pitch detecting-element IV and 31' to class classification section 14' and 34' as 
pitch class data D11 and D31. 

[0083] In this case, class classification section 1 4' and 34' are the class code class of the pitch 
class data D11 and D31 supplied from the adjustable class classification section extract section 
12, and the class tap data D12 and D32 divided into the same time domain. Class code CLASS of 
the pitch class data D1 1 and D31 The class code data (class ') D14 and D34 which were made to 
correspond and were unified are generated. 

[0084] Thus, if the number of pitches detected by pitch detecting^element 11' and 31' is 
supplied to class classification section 14' and 34' as pitch class data D1 1 and D31 The 
frequency of a class classification can be made [ many ] much more, and the audio signal 
processor 10 which performs the prediction operation of input audio data in this way using the 
prediction coefficient based on the result by which the class classification was carried out can 
be changed into the audio data of the quality of loud sound much more. 
[0085] Moreover, in the gestalt of above-mentioned operation, it sets in the audio signal 
processor 10 and the study circuit 30. While normalizing to 8 bits by using average values (DC 
component) D18 and D38 as DC component amendment tap (DC value class) and supplying the 
prediction operation part 1 6 and 36 Although the case where the adjustable class classification 
section extract sections 12 and 32 were supplied by making into a pitch class the pitch size 
detected by the pitch detecting elements 1 1 and 31 and its location was described As this 
invention was shown not only in this but in drawing 9 and drawing 10 , while supplying the 
average value (DC component) computed by average-value calculation section 18' and 38' to 
class classification section 14' and 34' as DC value class data D18' and D38' You may make it 
supply the number of pitches detected by pitch detecting-element 1 1' and 31' to class 
classification section 14' and 34' as pitch class data D11 and D31, as shown in drawing 12 and 
drawing 13. 

[0086] In this case, class classification section 1 4' and 34' generate the class code data which 
the class code of the class tap data D12 and D32, the class code of DC value class data D18' 
and D38\ and the class code of the pitch class data D11 and D31 were made to correspond, and 
were unified. 

[0087] Thereby, the audio signal processor 10 and the study circuit 30 can make [ many ] the 
frequency of a class classification further much more, and the audio signal processor 10 which 
performs the prediction operation of input audio data in this way using the prediction coefficient 
based on the result by which the class classification was carried out can change them into the 
audio data of the quality of loud sound much more. 

[0088] Moreover, in the gestalt of above-mentioned operation, although the case where an 
autocorrelation was used as an approach of detecting the pitch of an audio wave was described, 
this invention can apply other various approaches, such as cepstrum analysis, pattern 
recognition, etc. which perform the Fourier transform for example, not only to this but to an 
audio wave. 

[0089] Moreover, although the case where the logging size of the tap for a class classification 
and the logging field of the tap for a prediction operation were made into the same size was 
described in the gestalt of above-mentioned operation You may make it the logging size of not 
only this but the tap for a class classification differ from the logging size of the tap for a 
prediction operation, this invention is further started according to the strength of the 
autocorrelation detected in the pitch detecting element 1 1, and you may make it change size. In 
this case, it can start, so that an autocorrelation is strong, and size can be enlarged. 
[0090] moreover, the result of in short having learned this invention not only in this although the 
case where the technique by linearity primary was used as a prediction method was described in 
the gestalt of above-mentioned operation — using — it makes — ****ing — for example, — 
many — various prediction methods, such as technique by degree function, are applicable. 
[0091] moreover — although the case where ADRC generated a compression data pattern in the 
class classification section 14 was described in the gestalt of above-mentioned operation — this 
invention — not only this but reversible coding (DPCM:Differrential Pulse Code Modulation) Or 
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vector quantization (VQrVector Quantize) etc. — you may make it use a compression means 
[0092] Moreover, in the gestalt of above-mentioned operation, although the case where a 
predetermined sample was thinned out from the teacher audio data D30 in the student signal 
generation filter 37 of the study circuit 30 was described, this invention can apply other various 
approaches, such as thinning out not only this but the number of bits. 

[0093] Moreover, in the gestalt of above-mentioned operation, although the case where this 
invention was applied to the audio signal processor 10 which performs pitch detection, and its 
study circuit 30 was described, this invention is applicable also not only in this but other various 
approaches (for example, the approach of carrying out a class classification based on an 
envelope) etc. 
[0094] 

[Effect of the Invention] According to this invention, the class classification of the digital audio 
signal is carried out as mentioned above. By having generated the new digital audio signal which 
comes to change a digital audio signal by carrying out the prediction operation of the digital 
audio signal using the prediction coefficient corresponding to the classified class, and the value 
of the dc component of a digital audio signal Conversion which was adapted for the description 
of a digital audio signal much more can be performed, and conversion to the digital audio signal 
of the quality of loud sound which improved the wave repeatability of a digital audio signal much 
more can be performed in this way. 

[0095] Moreover, while classifying the class of a digital audio signal as mentioned above 
according to this invention Classify the class of the value of the dc component of a digital audio 
signal, unify each classified class, and a new class is generated. By having generated the new 
digital audio signal which comes to change a digital audio signal by carrying out the prediction 
operation of the digital audio signal using the prediction coefficient corresponding to a new class 
Conversion which was adapted for the description of a digital audio signal much more can be 
performed, and conversion to the digital audio signal of the quality of loud sound which improved 
the wave repeatability of a digital audio signal much more can be performed in this way. 
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♦ NOTICES* 

Japan Patent Office is not responsible for any 
damages caused by the use! of this translation. 

1 This document has been translated by computer. So the translation may not reflect the original 
precisely. 

2.**** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 

DESCRIPTION OF DRAWINGS 
[Brief Description of the Drawings] 

[Drawing 1] It is the block diagram showing the configuration of the digital-signal-processing 
equipment by this invention. 

[Drawing 2] It is the signal waveform diagram with which explanation of the pitch of a digital 
audio signal is presented. 

[Drawing 3] It is the signal waveform diagram with which explanation of processing of a digital 
audio signal without a pitch is presented. 

[Drawing 4] It is the block diagram showing the configuration of an audio signal processor. 
[Drawing 5] It is the flow chart which shows an audio signal transform-processing procedure. 
[Drawing 6] It is the block diagram showing the configuration of the study equipment by this 
invention. 

[Drawing 7] It is the block diagram showing the configuration of the audio signal transform- 
processing equipment by the gestalt of other operations. 

[Drawing 8] It is the block diagram showing the configuration of the study equipment by the 
gestalt of other operations. 

[Drawing 9] It is the block diagram showing the configuration of the audio signal transform- 
processing equipment by the gestalt of other operations. 

[Drawing 10] It is the block diagram showing the configuration of the study equipment by the 
gestalt of other operations. 

[Drawing 11] It is the block diagram showing the configuration of the audio signal transform- 
processing equipment by the gestalt of other operations. 

[Drawing 12 ] It is the block diagram showing the configuration of the study equipment by the 
gestalt of other operations. 
[Description of Notations] 

10 [ .. The class classification section, 14', 34' / ;■. The class classification section, 15 / .. A 
prediction coefficient memory, 16 / .. 18 Prediction operation part, 38 / .. The averaging section, 
18', 38' / .. 19 The averaging section, 39 / .. The averaging section extract section, 36 / .. The 
prediction coefficient calculation section, 37 / Student signal generation filter. ] .... 1 1 An audio 
signal processor, 31 .. A pitch detecting element, 11\ 31' .. 14 A pitch detecting element, 34 

[Translation done.] 
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